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NOISE REDUCTION APPARATUS AND AUDIO OUTPUT APPARATUS 



BAKC GROUP OF THE INVENTION 
The present invention relates to a noise reduction 
5 apparatus at the time of an audio signal receiving, and more 
specifically to a noise reduction apparatus used for, for 
example, a car radio in which a pulsive noise is easily mixed, 
and to an audio output apparatus. 

For example, when the electromagnetic noise in the 
10 circumstance of the car is considered, various pulsive 
electromagnetic noises (sometimes called the pulsive noise) 
such as an ignition noise, or mirror noise, are generated. 
Because these pulsive noises mix into a reception antenna 
connected to a car radio inside the car, it is ordinarily often 
15 experienced that the pulsive noise is generated in an output 
audio signal, therefore, generally for the car radio, the noise 
reduction apparatus to remove the pulsive noise is used. 

Fig. 8 is a block diagram of the conventional (pulsive) 
noise reduction apparatus disclosed in, for example, JP-A- 
20 63-87026. In the drawing, when an EM intermediate frequency 
signal of an FM receiver is inputted, a detection signal 
outputted from an FM detection circuit 1 is supplied to a delay 
circuit 2 composed of a LPF (low pass filter) and delayed, and 
the output of the delay circuit 2 is supplied to a stereo 
25 demodulation circuit 5 through a gate circuit 3, and a level 
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hold circuit 4. Further, the detection signal is supplied to 
a HPF (high pass filter) 6, and a noise component signal passed 
through the HPF 6 is amplified by a noise amplifier 7, and 
supplied to a noise detection circuit 8. 

The noise detection circuit 8 is composed of a rectifier 
circuit to rectify the output signal of the noise amplifier 
7, and a noise detection output is obtained thereby. This 
noise detection output is supplied to a waveform shaping 
circuit 9 and an integration circuit 10 . Incidentally, a noise 
detection means 11 is structured by including the HPF 6, noise 
amplifier 7, noise detection circuit 8, waveform shaping 
circuit 9 and integration circuit 10. 

The waveform shaping circuit 9 transforms the noise 
detection output into a pulse having a pulse width of a 
predetermined time period width, and supplied to the gate 
circuit 3. The gate circuit 3 is driven by a pulse supplied 
from the waveform shaping circuit 9 to the gate circuit 3 and 
comes to a signal cut out condition, and at the time of the 
signal cut out condition, a delay output level before the signal 
cut out is held by the level hold circuit 4, and supplied to 
the stereo demodulation circuit 5. 

According to this, the generation of a spike noise by 
the sudden change of the potential of the demodulation signal 
due to the pulsive noise is prevented. When the pulse is not 
supplied from the waveform shaping circuit 9, the gate circuit 
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3 and the level hold circuit 4 become the signal through 
condition (through) . 

Further, the integration circuit 10 smoothes the noise 
detection output and obtains a DC signal corresponding to the 
5 noise level, and supplies the output of the integration circuit 
10 to the noise amplifier 7 (feedback), and thereby, an AGC 
loop is formed. 

Incidentally, the delay circuit 2 is provided to make 
up for a time period from the time when the pulsive nois/e is 
10 supplied to the HPF 6 to the time when the gate circuit 3 is 
made to be in the cut out condition. Further, because, in the 
stereo demodulation circuit 5, as shown in Fig. 9, the Lch (left 
channel) signal and Rch (right channel) signal are inputted 
in the form which is balancedly modulated with the frequency 
15 of 38 kHz around (Lch + Rch) /2, the LCh signal and the Rch 
signal can be separately picked out by the time division with, 
for example, 38 kHz. 

Further, there is also a method by which the signal is 
corrected by an average value from the levels before and after 
20 the pulsive noise is generated, other than a method by which 
the former signal is level-held and outputted, as described 
above. Incidentally, in this method, the following problem 
exists . 

In Fig. 10A, a waveform in the case where a correction 
25 error in which a low frequency signal is corrected to a 
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correction period, becomes maximum, is shown. In the drawing, 
O mark is a value in which • mark is corrected, and the 
difference between O mark and • mark shows the correction 
error . 

Next, in Fig. 10B, a waveform when a high freqency signal 
is corrected to a correction period, is shown. In the drawing, 
O mark shows a value in which • mark is corrected. In the same 
manner as in Fig. 10A, the difference between O mark and • 
mark shows the correction error. 

Herein, when each of correction errors is observed, Fig. 
10B is larger. That is, it is found that the relative 
relationship of the time width of the frequency to the 
correction period is very important, and even when a signal 
of a high frequency component is corrected, the error is large. 
Accordingly, even when the correction is conducted on the 
signal of the high frequency component, the correction error 
is heard as a noise. Herein, in contrast to that the pulse 
width of the pulsive noise is several tens |is to several 
hundreds pis, a composite signal has, as shown in Fig. 9, a 
component which is balancedly modulated with 38 kHz, and 
because the period of the signal is shorter than that of the 
pulsive noise, the correction error as shown in Fig. 10B, is 
generated . 

A case where the pulsive noise is generated in a time 
period of ta of the demodulated signal in the FM demodulator 



1, is shown in Fig. 19A. A value of A in Fig. 19A is held in 
a period of ta in the level hold circuit 4. 

A Lch waveform obtained by the stereo demodulation of 
this corrected signal is shown in Fig. 19B, and a Rch waveform 
is shown in Fig. 19C. 

In this case, as shown in Fig. 19B, because the Lch is 
held at the level of the Lch, the Lch after the stereo 
demodulation can be exactly corrected, however, the Rch is, 
as shown in Fig. 19C, held at the level of the Lch, when the 
difference between the Rch and Lch is large, the large 
correction noise as shown in Fig. 19C, is generated. 

SUMMARY OF THF, INVENTION 
In view of this point, the obj ect of the present invention 
is to obtain a noise reduction apparatus by which the correction 
error can be reduced even for the signal in which many high 
frequency components are included, and the noise suppression 
ability is increased. 

A noise reduction apparatus according to the first aspect 
of the present invention is provided with: a noise detection 
means for detecting a noise included in a demodulated audio 
signal; the first correction means for outputting a correction 
signal for correcting the noise according to a signal value 
existing just before and just after a predetermined period 
including a generation time point of the noise in the 



demodulated audio signal which is detected by the noise 
detection means; the second correction means for outputting 
the correction signal for correcting the noise according to 
a plurality of signal values respectively existing before and 
5 after the predetermined period including the generation time 
point of the noise in the demodulated audio signal which is 
detected by the noise detection means; a high band level 
detection means for detecting the level of a high band component 
of the audio signal; and a selection means for selecting either 

10' one of the first or the second correction means according to 
the output of the high band level detection means. 

The noise reduction apparatus according to the second 
aspect of the present invention is structured such that the 
first correction means outputs a low pass filter output of a 

15 signal value obtained from a linear interpolation of 2 signal 
values existing just before and just after a predetermined 
period including a generation time point of the noise, as a 
correction signal . 

The noise reduction apparatus according to the third 

20 aspect of the present invention is structured such that the 
second correction means outputs a low pass filter output of 
the signal value obtained from the linear interpolation of 2 
average signal values obtained by averaging a plurality of 
signal values existing before and after a predetermined period 

25 including the generation time point of the noise, 
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corresponding to each of before and after the generation of 
the noise, as the correction signal. 

The noise reduction apparatus according to the fourth 
aspect of the present invention is structured such that a level 
5 detection means for detecting the whole band level in the 
demodulated audio signal is further provided, and a selection 
means is operated according to a relationship between a ratio 
of the level output of a high band level detection means to 
the level output of the level detection means, " and a 

10 predetermined value. 

The noise reduction apparatus according to the fifth 
aspect of the present invention is structured such that the 
detection sensitivity of the noise detection means is 
changeable corresponding to the output level of the high band 

15 level detection means. 

The noise reduction apparatus according to the sixth 
aspect of the present invention is structured such that the 
selection means is operated according to the level of an 
addition signal and the level of a subtraction signal between 

20 the right channel signal and the left channel signal 
constituting the audio signal. 

An audio output apparatus according to the seventh aspect 
of the present invention is provided with the noise reduction 
apparatus according to any one of the first aspect to the sixth 

25 aspect of the invention. 
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Further, the object of the present invention is to obtain 
a noise reduction apparatus by which the correction error is 
not influenced by the other channel, and an audio apparatus. 

In the noise reduction apparatus according to the eighth 
5 aspect of the present invention, a noise detection means for 
detecting the noise included in a demodulation signal having 
the information corresponding to audio signals of a plurality 
of channels from the demodulation signals; an audio signal 
demodulation means for demodulating and outputting the audio 

10 signals corresponding to each of the plurality of channels from 
the information corresponding to the audio signals included 
in the demodulation signals; and a correction means which can 
correct independently for each audio signal outputted from the 
audio signal demodulation means according to the output of the 

15 noise detection means, are provided. 

Further, in the noise reduction apparatus according to 
the ninth aspect of the present invention, the noise detection 
means is structured in such a manner that the apparatus conducts 
the noise detection so that, for each predetermined period 

20 which alternates between a plurality of channels, a portion 
of the period respectively overlaps with each other. 

Further, in the noise reduction apparatus according to 
the tenth aspect of the present invention, the apparatus is 
structured in such a manner that, according to the output of 

25 the noise detection means, a generation condition of the noise 
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is detected, and corresponding to the detected result, the 
detection sensitivity of the noise detection means is 
controlled. 

Further, in an audio apparatus according to the eleventh 
5 aspect of the present invention, the audio apparatus is 
structured by including any one of the above noise reduction 
apparatus . 



BRIEF DESCRIPTION OF THE DRAWINGS 
10 Fig. 1 is a block diagram showing the structure of the 

embodiment 1 . 

Figs. 2A and 2B are views showing a corrected waveform 
of a noise reduction apparatus of the embodiment 1. 

Figs. 3A and 3B are block diagrams showing the structure 
15 of a level detection means after the stereo demodulation of 
the noise reduction apparatus of the embodiment 1 . 

Fig. 4 is a block diagram showing the structure of the 
embodiment 2 . 

Figs. 5A and 5B are block diagrams explaining a 
20 correction operation of the embodiment 2. 

Fig. 6 is a block diagram showing the structure of a noise 
detection means of the embodiment 2. 

Fig. 7 is a block diagram showing the structure of the 
embodiment 3 . 

25 Fig. 8 is a block diagram showing the structure of the 
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conventional noise reduction apparatus. 

Fig. 9 is a view showing the FM stereo demodulation 
waveform. 

Figs. 10A and 10B are an example of a noise correction 
5 waveform. 

Fig, 11 is a block diagram showing the structure of a 
noise reduction apparatus. 

Fig. 12 is an illustration for explaining the spectrum 
of an FM demodulation signal. 
10 Figs. 13A to 13C are illustration for explaining the 

stereo demodulation signal of the signal in which the pulsive 
noise is generated. 

Fig. 14 is a block diagram showing the structure of a 
noise detection means. 
15 Figs. ISA and 15B are illustration for explaining the 

output of an absolute value circuit. 

Fig. 16 is a block diagram for explaining the structure 
for controlling the pulse density. 

Fig. 17 is an illustration for explaining the detection 
20 of a pulsive noise. 

Fig. 18 is a block diagram showing the structure of a 
pulse density detection means. 

Figs. 19A to 19C are illustration for explaining the 
waveform when the signal in which the pulsive noise is generated, 
25 is stereo-demodulated by the conventional apparatus. 
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Figs. 20A to 20C are illustration for explaining the 
waveform in a simple type of a high band correction means. 

DETAILED DE SCRIPTION OF THE PREFERRED EMBODIMENTS 
An embodiment having the structure by which a great 
effect can be displayed for the noise reduction, when being 
applied for, for example, a car audio device such as a car radio, 
an audio output apparatus such as a car video device of a car 
mounting type television, or an image sound apparatus 
including this audio output apparatus, will be described 
below. 

Referring to the drawings showing the embodiment, the 
present invention will be specifically explained below. 
(Embodiment 1) 

Fig. 1 is a block structural diagram of a noise reduction 
apparatus of the embodiment 1 of the present invention. 

Numeral 1 000 is an FM demodulation means for demodulating 
an FM signal from a received broadcasting wave, numeral 5 is 
a stereo demodulation means , numeral 12 is an intermediate and 
low band correction means for intermediate and low band signals 
of an Rch of the stereo demodulation means 5, numeral 13 is 
a high band correction means for a high band signal of the Rch 
of the stereo demodulation means 5, numeral 21 is a switch for 
switching output signals of the high band correction means 13 
and intermediate and low band correction means 12, and numeral 



14 is an intermediate and low band correction means for 
intermediate and low band signals of an Lch of the stereo 
demodulation means 5 (herein, the intermediate and low band 
correction means 12 and 14 are the first correction means 
provided respectively corresponding to the Rch and Lch) . 

Numeral 15 is a high band correction means for the high 
band signal of the Lch of the stereo demodulation means 5, 
numeral 22 is a switch for switching the outputs of the high 
band correction means 15 and the intermediate and low band 
correction means 14, numeral 16 is a level detection means for 
detecting the level (envelope) of the output signal of the 
switch 21, and numeral 17 is a high band level detection means 
for detecting the high band component of the output signal of 
the switch 21, (herein, the high band correction means 13 and 

15 are the second correction means provided respectively 
corresponding to the Rch and Lch) . 

Numeral 18 is a level detection means for detecting the 
level of the output signal of the switch 22, numeral 19 is a 
high band level detection means for detecting the high band 
component of the output signal of the switch 22, numeral 200 
is a selection means for controlling the switch 21 
corresponding to each output level of the level detection means 

16 and the high band level detection means 17, and numeral 201 
is a selection means for controlling the switch 22 
corresponding to each output level of the level detection means 



18 and the high band level detection means 19. 
Next, operations will be described. 

For example, in the car radio as an example of the above 
audio output apparatus, the broadcasting signal received by 
the attached antenna enters into the FM demodulator 1000, and 
the FM demodulation signal is outputted by the FM demodulator 
1000. This FM demodulation signal is inputted into the 
respective stereo demodulation circuit 5 and noise detection 
means 110, and the following processing, which will be detailed 
below, is conducted. 

Initially, the noise detection means 110 detects the 
pulsive noise, for example, in the same manner as in the noise 
detection means 11 in the conventional apparatus. As the 
output signal of the noise detection means 110, a gate signal 
of the high level (H level) is outputted, in the period in which 
the pulsive noise is detected, the gate signal of the low level 
(L level) is outputted, in the period in which the pulsive noise 
is not detected, and these gate signal outputs are inputted 
into the high band correction means 13, intermediate and low 
band correction means 12, the high band correction means 15, 
and intermediate and low band correction means 14. 

Next, each of correction means 12 - 15 corrects the input 
signal (the output from the stereo demodulation means 5) in 
the period in which the gate signal is the H level, and the 
input signal is outputted as it is, in the period of the L level . 
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(Correction by the values before and after the correction 
period) 

Herein, the intermediate and low band correction means 
12 and 14 linear interpolate (the signal outputted by the linear 
5 interpolation is called the correction signal) the signal in 
the period in which the noise is generated, by using the values 
before and after the correction period. Incidentally, the 
correction signal is outputted through the low pass filter. 
By using these intermediate and low band correction means 

10 12 and 14, as the result that the signal whose wavelength is 
long (that is, the frequency is low) to the noise period, is 
linearly interpolated, an example of a waveform in a case where 
the correction error becomes the maximum, and as the result 
that the signal whose wavelength is short (that is, the 

15 frequency is high) to the noise period, is linearly 
interpolated, an example of a waveform in a case where the 
correction error becomes the maximum, are shown in Fig. 2. 

In Fig. 2, O mark shows the level to be originally 
obtained when the noise is not generated, and in this example, 

20 it corresponds to a point at which the correction error becomes 
the maximum, and V mark shows the correction value (the 
correction value by the intermediate and low band correction 
means 12) . 

Fig. 2A shows a case where the wavelength of the output 
25 signal of the stereo demodulation means 5 is long to the 
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correction period (that is, the frequency is low to the 
correction period) , and the level difference (differential 
value) between V mark and # mark is small, the error by the 
correction is very small or slight to the amplitude of the 
5 signal waveform. As described above, in the first correction 
means, the correction signal for correcting the noise 
according to the signal values which exist just before and just 
after a predetermined period including the generation time 
point of the noise is outputted (in the first correction means 

10 in the description of each embodiment below, the same operation 
is conducted except for the specific exception) . 

Fig. 2B shows a case where the wavelength of the output 
signal of the stereo demodulation means 5 is short to the 
correction period (that is, the frequency is high to the 

15 correction period) , and the level difference (differential 
value) between V mark and # mark is large, and the error by 
the correction rs large to the amplitude of the signal waveform. 

That is, when the above interpolation by using the 
intermediate and low band correction means 12 is conducted on 

20 the signal waveform in which the wavelength of the signal 
waveform is short (that is, the signal waveform of the high 
frequency) , the satisfied suppression effect of the noise can 
not be obtained. 

(Correction by using the average value in the average period) 
25 Next, the high band correction means 13 and 15 conduct 
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the averaging processing before and after the correction 
period, (♦ mark is the average value in the average period) , 
and by using these two average values (the average signal value 
as the correction signal) , the linear interpolation is 
5 conducted. Incident ally , this correction signal (average 
signal value) is outputted through the low pass filter. 

Incidentally, the average period herein means a 
predetermined period before and after the noise period, and 
the average value of the signal level in the period is obtained 
10 according to a plurality of signal values included in the 
period. 

By using the high band correction means 13 and 15, the 
waveforms in which the low frequency and the high frequency 
signals to the correction period are corrected, are shown in 
15 Fig. 2. 

Fig. 2A shows a case where the wavelength of the output 
signal of the stereo demodulation means 5 is long to the 
correction period (that is, the frequency is low to the 
correction period) , and in the level difference from # mark, 

20 V mark is smaller than O mark. 

Fig. 2A shows a case where the wavelength of the output 
signal of the stereo demodulation means 5 is short to the 
correction period (that is, the frequency is high to the 
correction period) , and in the level difference from # mark, 

25 O mark is smaller than V mark. 
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Accordingly, when the wavelength of the signal waveform 
is sufficiently long to the correction period (that is, the 
frequency of the signal waveform is low to the correction 
period) , the correction (interpolation processing) is 
5 conducted by using the intermediate and low band correction 
means 12 and 14, and when the wavelength of the signal waveform 
is short to the correction period (that is, the frequency of 
the signal waveform is high to the correction period) , the 
correction (interpolation processing) is conducted by using 

10 the high band correction means 13 and 15. As- described above, 
in the second correction means, the correction signal for 
correcting the noise according to a plurality of signal values 
which exist just after a predetermined period including the 
generation time point of the noise is outputted (in the second 

15 correction means in the description of each embodiment below, 
the same operation is conducted except for the specific 
exception) . 

(Level detection means) 

Next, the level detection means will be described 
20 (hereinafter, for easy understanding, initially the structure 
according to the series of the Rch will be described) . 

In the level detection means 16, the level of the signal 
corrected by using the high band correction means 12 or the 
intermediate and low band correction means 13, is detected 
25 (envelope detection) . 
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The level detection means 16 in this case can be realized 
by adopting the structure, for example, as in Fig. 3A. 
Incidentally, herein, the DC component is not included in the 
output of the switch 21. 
5 In the drawing, numeral 23 is an absolute value circuit, 

and numeral 24 is a low pass filter (LPF) . Initially, in the 
absolute value circuit 23, the absolute value of the output 
signal outputted by the switch 21 is obtained, and the high 
band component is removed by the LPF 24. This output signal 

10 of the LPF 24 is outputted as the envelope of the signal 
outputted from the switch 21. 

Incidentally, relating also to the series of the Lch, 
the level detector 18, for the high band correction means 15 
or the intermediate and low band correction means 14 and the 

15 switch 22, the structure to which the . Rch corresponds, is 
respectively adopted, and for also the structure of the level 
detector 18, the same structure as shown in Fig. 3A is adopted, 
and its operation is also the same. 
(High band level detection means) 

20 Next, the high band level detection means will be 

described (hereinafter, for simple understanding, initially, 
the structure according to the series of Rch will be described) . 

The high band level detection means 17 detects the level 
of the signal which is corrected by using the high band 

25 correction means 12 and intermediate and low band correction 
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means 13 (envelope detection) . 

The high band level detection means 17 in this case, can 
be realized by adopting the structure, for example, as shown 
in Fig. 3B. Incidentally, herein, a DC component is not 
5 included in the output of the switch 21. 

In the drawing, numeral 25 is a high pass filter (HPF) , 
numeral 26 is an absolute value circuit, and numeral 27 is a 
low pass filter (LPF) . Initially, in the HPF 25, the low band 
component of the output signal outputted from the switch 21 
10 is removed, and the high band component is obtained. 

Next, in the absolute value circuit 2 6, the absolute 
value of the output signal of the HPF 25 is obtained; Next, 
the high band component is removed by the LPF 27. The output 
signal of the LPF 27 is outputted as an envelope of the high 
15 band component of the signal outputted from the switch 21. 

Incidentally, relating also to the series of the Lch, 
for the high band level detection means 19, the high band 
correction means 15 or the intermediate and low band correction 
means 14 and the switch 22, the structure to which the Rch 
20 corresponds, is respectively adopted, and for also the 
structure of the high band level detector 19, the same structure 
as shown in Fig. 3B is adopted, and its operation is also the 
same . 

(Selection means) 
25 Next, a selection means 200 will be described. Into the 
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selection means 200, the output signal VH form the high band 
level detection means 17 and the output signal VA from the level 
detection means 16 are inputted. 

Herein, when the VH/VA is smaller than a predetermined 
5 value (that is, the rate of the signal of the high band component 
is small) , because it is considered that the rate of generation 
of the correction error generated for correcting the high band 
component signal is small, the selection means 200 connect the 
■ output side of the Rch to the intermediate and low band 

10 correction means 12 by the switch 21, or the selection means 
201 connects the output side of the Lch to the intermediate 
and low band correction means 14 by the switch 22. 

When the VH/VA is larger than a predetermined value (that 
is, the rate of the signal of the high band component is large) , 

15 because it is considered that the rate of generation of the 
correction error generated for correcting the high band 
component signal is large, the selection means 200 connect the 
output side of the Rch to the high band correction means 13 
by the switch 21, or the selection means 201 connects the output 

20 side of the Lch to the high band correction means 15 by the 
switch 22. 

As described above, because the correction means is 
selected corresponding to the result of the comparison of the 
ratio of the level VH of the high band component (the envelope 
25 of the high band component) in the FM stereo demodulation signal 
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to the level VA of the whole band (the envelope of the whole 
band) , with the predetermined value, the correction error can 
be decreased* 

Further, the above described these processing may also 
5 be conducted by the digital signal processing by using the DSP 
(Digital Signal Processor) after the output signal of the FM 
detection circuit 1 is A/D converted (Analog to Digital 
conversion) . In this case, in the correction means which is 
not selected in the intermediate and low band correction means 
10 .12 and 14, and the high band correction means 13 and 15, the 
processing for the correction may be neglected.' 

Further, as the high band level detection means 17 or 
19, a case, in which the HPF 25 shown in Fig. 3 is used, is 
described, however, because, in the stereo demodulated signal , 
15 for example, the component higher than 15 kHz is basically 
unused, the BPF by which the component higher than 15 kHz can 
be removed, may be used. 

Further, a case where the linear interpolation is used 
for the correction method, is described, however, the signal 
20 in the noise period is linearly interpolated, further, passes 
through the LPF, and after the high band component of the 
correction error is suppressed, it may be replaced with the 
signal (noise) in the noise period. 

Further, as a more simple type of the high band correction 
25 means 13 and 15, an input signal (Fig. 20A) of the high band 
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correction means 13 and 15 is input into an LPF, and holds an 
output signal level (P of Fig. 20B) of LPF immediately before 
a pulse noise generation so as to correct (Fig. 20C) . 

Incidentally, in the above description, the operation 
5 of the selection means is determined according to the 
. relationship between the rate (VH/VA) of the VH (the level 
output of the high band level detection means) to the VA (the 
level output of the level detection means) , and a predetermined 
value, however, when the signal level of the VH is not extremely 
10 large, it is needless to explain that the operation of the 
selection means may be determined according to the 
relationship between only the VH and the predetermined value. 
(Embodiment 2) 

Fig. 4 is a block structural diagram of the noise 
15 reduction apparatus of the embodiment 2 of the present 
invention. Numeral 5 is a stereo demodulation means, numeral 
12 is an intermediate and low band correction means for conduct 
the correction on the intermediate and low band signal of the 
Rch of the stereo demodulation means 5, and numeral 13 is a 
20 high band correction means for conduct the correction on the 
high band signal of the Rch of the stereo demodulation means 
5. 

Numeral 21 is a switch to switch the output signals of 
the high band correction means 13 and intermediate and low band 
25 correction means 12, numeral 14 is an intermediate and low band 



22 



correction means for an intermediate and low band signal of 
the Lch of the stereo demodulation means 5, and numeral 15 is 
a high band correction means for a high band signal of the Lch 
of the stereo demodulation means 5. 
5 Numeral 22 is a switch to switch the output signals of 

the high band correction means 15 and intermediate and low band 
correction means 14 , numeral 16 is a level detection means of 
the output signal of the switch 21, and numeral 17 is a high 
band level detection means for detecting the high band 

10 component of the output signal of the switch 21. 

Numeral 18 is a level detection means for detecting the 
level of the output signal of the switch 22, and numeral 19 
is a high band level detection means for detecting the high 
band component of the output signal of the switch 22. 

15 Numeral 28 is a selection means for controlling the 

switches 21 and 22 corresponding to each output level of the 
high band level detection means 17 and 19, and the level 
detection means 16 and 18, and numeral 111 is a noise detection 
means for adjusting the sensitivity of the noise detection 

20 corresponding to the output from the high band level detection 
means 17 and 19. 

Next, portions whose operation is different from the 
embodiment 1, will be described. In Fig. 5, a case where a 
small pulsive noise is corrected, is shown. (Herein, a noise 

25 having the amplitude up to 50 % of the amplitude level of the 
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signal waveform is called a small pulsive noise) . 

In Fig. 5, Fig* 5A shows an example of a waveform before 
the small pulsive noise is corrected, and Fig. 5B shows an 
example of a waveform after the small pulsive noise is corrected. 
5 As can be seen from the comparison of Fig. 5A with Fig. 5B, 
in the example as shown in the drawing, from the result that 
the level difference (error) is larger in the waveform after 
the correction than in the waveform before correction (the 
waveform largely deforms from the original signal waveform.- 

10 In the example shown in Fig. 5, the waveform is largely deformed 
in the portion which is corrected from the original sinusoidal 
wave) , there is a case where the noise is rather larger by the 
correction. Specifically, when the high frequency signal is 
corrected, because the correction error becomes large, this 

15 tendency becomes large. 

Accordingly, when the high frequency component is large, 
the detection sensitivity of the pulsive noise is lowered, so 
that the small noise is not detected, and the correction by 
the correction means 12 -15 is not conducted. 

20 An example of the detection means 111 by which the above 

operations can re realized, is shown in Fig. 6. The operations 
of the HPF 6, noise amplifier 7, waveform shaping circuit 9, 
and integration circuit 10, which are shown in Fig. 6, are the 
same as the operations in the conventional apparatus . Further, 

25 in the adder 28, the output of the integration circuit 10 and 



the outputs of the high band level detection means 17 and 19, 
are given weight through a weight section 29 and a weight 
section 30 (a coefficient is respectively multiplied, of 
course, a case where the coefficient is 1, is included), and 
5 after that, each output is added, and the addition result is 
inputted into the noise amplifier 7 as the control signal. 

Herein, the larger the above control signal (the result 
of addition) is, the smaller the noise amplifier 7 makes the 
gain. Accordingly, the gain of the noise amplifier 7 in the 

10 case where the outputs of the high band level detection means 
17 and 19 are 0, acts so that the average level of the output 
signal of the noise detection circuit 8 is kept constant. 

The average level of the output signal of the noise 
detection circuit 8 is smaller than the threshold value of the 

15 waveform shaping circuit 9. On the other hand, because, for 
the signal whose change in time is rapid, the gain of the noise 
amplifier 7 does not change, when the pulsive noise is added 
to the noise amplifier 7, the output of the noise detection 
circuit 8 is larger than the threshold value of the waveform 

20 shaping circuit 9, and the waveform shaping circuit 9 outputs 
the H level and the pulsive noise is detected. 

Herein, even when the pulsive noise smaller than the 
difference between the average value of the output of the noise 
detection circuit 8 and the threshold value of the waveform 

25 shaping circuit 9 is generated, it is not detected. 
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Accordingly, when up to the small pulsive noise is detected, 
the difference between the average value of the output of the 
noise detection circuit 8 and the threshold value of the 
waveform shaping circuit 9 is made small, and when the small 
5 pulsive noise is not detected, the difference between the 
average value of the output of the noise detection circuit 8 
and the threshold value of the waveform shaping circuit 9 may 
be made large. 

Next, when many high band signals are included in the 

10 stereo demodulation signal, and outputs of the high band level 
detection means 17 and 19 become large, because the control 
signal of the noise amplifier becomes large, the gain of the 
noise amplifier 7 becomes small corresponding to that. 

Accordingly, the average value of the output signal of 

15 the noise detection circuit 8 becomes small, and because the 
difference to the threshold value of the waveform shaping 
circuit 9 becomes large, the small pulsive noise is not 
detected. 

As described above, when the level of the high band 
20 component of the FM demodulated signal of the stereo is large, 
because the detection sensitivity of the pulsive noise is 
lowered (that is, the detection sensitivity is changeable 
corresponding to the output level of the high band level 
detection means), the correction error due to the correction 
25 of the small pulsive noise is decreased. 
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Further, above described these processing may A/D 
convert the output signal of the FM detection circuit 1, and 
the processing after that may be conducted by using the digital 
signal processing technique such as the DSP. Incidentally, 
in this case, in the intermediate and low band correction means 
12 and 14, and the high band correction means 13 and 15, the 
processing for the correction in the correction means which 
is not selected, can be neglected. 
(Embodiment 3) 

Fig. 7 is a block structural diagram of the noise 
reduction apparatus of the embodiment 3 of the present 
invention. In the drawing, numeral 112 is a noise detection 
means for detecting the pulsive noise from the output of the 
FM detection circuit 1, numeral 120 is an intermediate and low 
band correction means for conducting the correction on the 
intermediate and low band signals when there are many 
intermediate and low band components, in the output signals 
of the FM detection circuit 1, numeral 130 is a high band 
correction means for conducting the correction on the high band 
signals when there are many high band components, in the output 
signals of the FM detection circuit 1, and numeral 21 is a switch 
to switch the outputs of the intermediate and low band 
correction means 120 and the high band correction means 130. 

Numeral 5 is a stereo demodulation means connected to 
the output signal of the switch 21, numeral 160 is a level 
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detection means for detecting the level of the Lch signal of 
the stereo demodulation means 5, numeral 17 0 is a high band 
level detection means for detecting the high band signal level 
in the Lch signals of the stereo demodulation means 5, and 
numeral 180 is a level detection means for detecting the signal 
level of the Rch signal of the stereo demodulation means 5, 
Numeral 190 is a high band level detection means for 
detecting the high band signal level in the Rch signal of the 
stereo demodulation means 5, numeral 300 is an L R level 
detection means for detecting the level of the L - R component 
which is the difference between the signal level of the Lch 
signal and the signal level of the Rch signal (the level of 
the subtraction signal, incidentally, R - L component may be 
allowable) , and numeral 301 is an L + R level detection means 
for detecting the level of the L + R component which is the 
sum of the signal level of the Lch signal and the signal level 
of the Rch signal (the level of the addition signal) . 

Numeral 400 is a selection means for switching the switch 
21 corresponding to each of outputs of the level detection means 
160 and 180, high band detection means 170 and 190, and L - 
R level detection means 300. 

Next, operations will be described. Initially, the 
noise detection means 112 detects the pulsive noise, for 
example, in the same manner as the detection means 11 in the 
conventional apparatus. The output signal of the noise 
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detection means 112 outputs the high level (H level) in the 
period in which the pulsive noise is detected, and the low level 
(L level) in the period in which the pulsive noise is not 
detected, and it is inputted into the high band correction means 
5 130 and the intermediate and low band correction means 120. 

Next, the correction means 120 and 130 correct the 
signals in the period in which the gate signal is the H level. 
Herein, the output signal to be corrected of the FM detection 
" circuit 1 is composed of the L + R component of 0 to 15 kHz, 

10 L - R component which is AM modulated with 38 kHz in the band 
of 23 to 53 kHz, and the pilot signal of 19 kHz. 

Accordingly, when, on the signal in which many L - R 
components are included, the correction corresponding to the 
pulsive noise with the width of several tens \is is conducted, 

15 there is also a case in which the pulsive noises of several 
wavelengths exist in the correction period, and when the 
pre-value holding, or linear interpolation is simply conducted, 
there is a case in which the correction error rather becomes 
large. In this case, the high band correction means 130 is 

20 used, and the error due to the correction is made small. 

Further, when the L - R components are small in the output 
signal of the FM detection circuit 1, the components of 23 kHz 
to 53 kHz are small, and when the high band components in the 
L + R components are small, because it is equivalent to that 

25 the high band components in the output signals of the FM 
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detection circuit 1 are small, by simply conducting the 
pre-value holding or linear interpolation, the correction 
error can be made small. 

Accordingly, in this case, when the following (1) and 
(2) are satisfied, the selection means 400 operates in such 
a manner that the switch 21 is connected to the intermediate 
and low band correction means 120. 

(1) When the output of the L - R level correction means 300 
is sufficiently smaller than the output signal of the L + R 
level detection means 301. 

(2) When the output of the high band level detection means 
170 and 190 is sufficiently smaller than the output of the level 
detection means 160 and 180. 

Herein, the output signal of the L - R level detection 
means 300 is obtained from the output in which , for example, 
the absolute value of the difference between the stereo 
demodulated Lch and Rch is inputted into the LPF. Further, 
the output signal of the L + R level detection means 301 is 
obtained from the output of the LPF in which , for example, 
the absolute value of the sum of the Lch signal and Rch signal 
which are FM demodulated into the stereo, is an input. 

As described above, when the above conditions of (1) and 
(2) are satisfied, because the high band signal components are 
few in the output signal from the FM detection circuit 1, when 
the correction is conducted simply by the linear interpolation, 
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the difference from the original demodulation signal can be 
made rather small. 

Further, the above described these processing may be 
conducted as follows: the output signal of the FM detection 
circuit 1 is A/D converted, and the subsequent processing is 
conducted by using the digital signal processing technique 
such as the DSP. 

Further, in the description of the above embodiments, 
the processing is conducted on the signal after the stereo FM 
demodulation, and the processed signal is inputted into the 
selection means 400, however, the signal level of the high band 
in the composite signal in which the output signal of the switch 
21 is corrected, is detected, and when it is small, because 
the L - R component is small, and further, the high band 
component of the signal which is FM demodulated into the stereo 
is also small, the switch 21 may be connected to the 
intermediate and low band correction means 120. 

As described above, according to the present invention, 
the following effects can be obtained. 

In the noise reduction apparatus according to the first 
aspect of the present invention, the apparatus is provided 
with: a noise detection means for detecting a noise included 
in a demodulated audio signal; the first correction means for 
outputting a correction signal for correcting the noise 
according to a signal value existing just before and just after 



a predetermined period including a generation time point of 
the noise in the demodulated audio signal which is detected 
by the noise detection means; the second correction means for 
outputting the correction signal for correcting the noise 
5 according to a plurality of signal values respectively 
existing before and after the predetermined period including 
the generation time point of the noise in the demodulated audio 
signal which is detected by the noise detection means; a high 
band level detection means for detecting the level of a high 

10. band component of the audio signal; and a selection means for 
selecting either one of the first or the second correction means 
according to the output of the high band level detection means, 
thereby, even when the high frequency components are included 
in the audio signal, the high frequency components are detected, 

15 and when the rate of the high frequency components is large, 
because the correction in which the error is few to the high 
frequency signal, is selected, the correction error when the 
rate of the high frequency components is large, can be 
decreased * 

20 In the noise reduction apparatus according to the second 

aspect of the present invention, because the first correction 
means is structured such that it outputs a low pass filter 
output of a signal value obtained from a linear interpolation 
of 2 signal values existing just before and just after a 

25 predetermined period including a generation time point of the 
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noise, as a correction signal, thereby, the correction error 
when the rate of the low frequency components is large, can 
be decreased. 

In the noise reduction apparatus according to the third 
aspect of the present invention, because the second correction 
means is structured such that it outputs a low pass filter 
output of the signal value obtained from the linear 
interpolation of 2 average signal values obtained by averaging 
a plurality of signal values existing before and after a 
predetermined period including the generation time point of 
the noise, corresponding to each of before and' after of the 
generation of the noise, as the correction signal, thereby, 
the signal correction when the rate of the high frequency 
components is large, can be accurately corrected, and the 
correction error can be decreased. 

In the noise reduction apparatus according to the fourth 
aspect of the present invention, because the apparatus is 
structured such that a level detection means for detecting the 
whole band in the demodulated audio signal is further provided, 
and a selection means is operated according to a relationship 
between a ratio of the level output of a high band level 
detection means to the level output of the level detection means , 
and a predetermined value, thereby, even when the output from 
the high band level detection means is large, the noise can 
be surely caught. 



In the noise reduction apparatus according to the fifth 
aspect of the present invention, because the noise detection 
means is structured such that the detection sensitivity of the 
noise detection means is changeable corresponding to the 
5 output level of the high band level detection means, thereby, 
the generation of large error due to the correction in the case 
where the low level noise is included, can be prevented. 

In the noise reduction apparatus according to the sixth 
aspect of the present invention, because the apparatus is 

10 structured such that the selection means is operated according 
to the level of an addition signal and the level of a subtraction 
signal between the right channel signal and the left channel 
signal constituting the audio signal, thereby, the correction 
suited to the received signal can be conducted. 

15 In an audio output apparatus according to the seventh 

aspect of the present invention, because the apparatus is 
provided with the noise reduction apparatus according to the 
first aspect to the sixth aspect, thereby, the audio output 
apparatus by which, even when the noise is included, the optimum 

20 correction to the noise is conducted, and the high quality audio 
output can be obtained, can be realized. 

An embodiment having the structure by which a great 
effect can be displayed for the noise reduction, when being 
applied for, for example, a car audio device such as a car radio, 

25 an audio output apparatus such as a car video device of a car 



34 



mounting type television, or an image sound apparatus 
including this audio output apparatus, will be described 
below. 

Referring to the drawings showing the embodiment, the 
5 invention will be specifically explained. 
(Embodiment 4) 

Fig. 11 is a block structural diagram of the noise 
reduction apparatus of the embodiment 4 of the present 
invention. In the drawing, numeral 2100 is an FM demodulation 

10 means for demodulating an FM signal from a received 
broadcasting wave, numeral 305 is a stereo demodulation means, 
numeral 313 is a delay means for adjusting a timing between 
an output signal from the noise detection means and an output 
signal from the stereo demodulation means 305, numeral 314 is 

15 an Lch correction means, numeral 315 is an Rch correction means, 
numeral 316 is an A/D converter means, and numeral 317 is a 
thinning means for thinning out the data of the A/D converter 
means 316. 

Incidentally, for simplification here, a case where the 
20 audio signals of two channels of the Lch and Rch are demodulated, 
will be described, however, it is not necessarily limited to 
these two channels, but it can also be applied, in the same 
manner, even for the audio apparatus having a plurality of 
channels which is more than this case. 
25 Next, operations will be described. For example, in the 



35 



car radio as an example of the audio output apparatus, by an 
antenna attached to the apparatus, the received broadcast 
signal is FM-demodulated by the FM demodulator means 2100, and 
the demodulated signal (demodulation signal ) is converted into 
5 a digital data by the A/D converter means 316. 

Herein, the demodulated signal (FM demodulation signal 
f (t) as the demodulation signal) by the FM demodulation means 
2100, can be expressed by the following equation: 
f (t) = {L(t) + R(t) }/2 + p + {L(t) + R(t) } SIN (G)t) /2 ... (1) 
10 Where L(t): the left channel signal 

R(t) : the right channel signal 

p: a pilot signal of 19 kHz 

go: the angular velocity of twice of the pilot signal 

P 

15 (that is, 2k x 38 kHz rad/sec) . 

When the FM demodulation signal f (t) is expressed by graduating 
the frequency on the horizontal axis, it will be as shown in 
Fig. 12. 

As shown in Fig. 12, in the FM demodulation signal f (t), 
20 the signal component up to 53 kHz is included. 

The thinning means 317 lowers the sampling frequency of 
the output signal from the A/D converter 316, to the degree 
which at least satisfies the Nyquist frequency (106 kHz) of 
53 kHz which is the highest frequency of the FM demodulation 
25 signal f(t), as described above, and outputs to the stereo 
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demodulation means 305, 

Next, the stereo demodulation means 305 will be 
described. 

As will be understood from the equation (1) , it is found that, 
5 when Sin (cot) = 1, f (t) = L(t) + p, and when Sin (cot) = -1, 
f (t) = R(t) + p. Incidentally, in this case, p is the pilot 
signal component, and because it is cancelled, for example, 
in the rear stage of the thinning means 317, even when it is 
processed in such a manner that, when Sin (cot) = 1> f (t) = L (t) , 
10 and when Sin (cot) = -1, f (t) = R(t), there is no practical 
problem* 

That is, in order to take out each of signals of Lch and 
Rch from the FM demodulation signal f (t) , the sampling may be 
conducted at the timing when Sin (cot) = 1 or Sin (cot) = -1, 

15 by the A/D converter 316, being in timed relationship .with the 
pilot signal p. 

In this case, for example, as the input signal to the 
stereo demodulation means 305, when it is made to be in timed 
relationship with the pilot signal in which the sampling 

20 frequency is 4n times (n is an integer) of 38 kHz, each of 
signals of Lch and Rch can be taken out in such a manner that 
the signal of the Lch can be taken out, when the sampling is 
conducted at the timing of every 4n, and the signal of Rch can 
be taken out, when the sampling is conducted at the timing of 

25 every 4n in which 2n is shifted from the timing of every 4n. 
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Next, the correction period of the Lch and Rch when the 
pulsive noise is generated, will be described. In Fig. 13, 
the waveform in which the pulsive noise as the noise, mixes 
in the output signal of the FM demodulation means 301 in the 
5 case where the waveforms of the Lch and Rch are essentially 
the same, is shown. Fig. 13A shows the output from the FM 
demodulation means 301, and • is a sample value of the Lch, 
o is the sample value of Rch, and ♦ is the sample value of the 
other timings. 

10 The sample value at the timing of the above ♦ mark is 

a value which is sampled for basically detecting the generation 
position of the noise or the generation time, and is obtained 
by, for example, the sample frequency in which the sample period 
is such as 60 kHz - 100 kHz, which is higher than 53 kHz. 

15 Further, Fig. 13B shows the Rch signal after the stereo 

demodulation, and Fig. 13C shows the Lch signal after the stereo 
demodulation. In the example of Figs. 13B and 13C, the 
condition that the mixed pulsive noise is generated, in which 
the pulsive noise for 2 sampling is mixed in the Lch and the 

20 pulsive noise for 2 sampling is mixed in the Rch, is shown. 

In this example, when the start position of the noise 
is viewed, respectively, in the Lch signal, the start position 
is t5, and in the Rch signal, the start position is t4 . In 
this case, respectively for the Lch signal and Rch signal, the 

25 correction is conducted at the independent timing, that is, 
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the correction means 315 corrects the Rch signal at t2 and t8, 
and the correction means 314 corrects the Rch signal at t3 and 
t9. 

The correction in this case is conducted in such a manner 
5 that, when so called front hold type interpolation by which, 
for example, the t2 value is corrected to t4 and t6 values (Rch) , 
or the t3 value is corrected to t5 and t7 values (Lch) , or so 
called linear interpolation type interpolation by which the 
correction value is the value (Rch) corresponding to each time 

10 of t4 and t6 when the linear interpolation is conducted at the 
t2 value and the t8 value, or the correction value is the value 
(Lch) corresponding to each time of t5 and t7 when the linear 
interpolation is conducted at the t3 value and the t9 value, 
is adopted, the signal is corrected. 

15 Next, the noise detection means 311 as the noise 

detection means will be described. In order to detect the 
pulsive noise, it is better for easy detection of the noise 
to use the band which does not overlap with the FM demodulation 
signal. That is, as described above, in the noise detection 

20 means 311, the pulsive noise is detected by using the higher 
frequency signal than each sampling frequency of the Lch and 
Rch (thereby, the resolution of the noise detection is 
determined . ) 

The output signal (noise detection signal ) from the noise 
25 detection means 311 outputs the gate signal of the H level in 
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a period in which the noise is detected, and the L level in 
a period in which the noise is not detected. 

In this example, the period in which the noise generates, 
is from t4 to t7, and in this period, the detection means 311 
5 outputs the H level, and the sampling frequency of the output 
data in the noise detection means 311 in this case, is not 
smaller than 2 times of the sampling frequency of the Lch signal 
or Rch signal. 

On the one hand, in the FM stereo demodulation, when the 

10 demodulation of the maximum frequency 53 kHz in the signal 
outputted from the FM demodulation means 301 can be surely 
carried out, in order to reduce the processing amount in this 
case, when the thinning means 317 is used, in this thinning 
means 317, the delay is generated in the inputted signal into 

15 the stereo demodulation means 305. Incidentally, the delay 
is also generated in the correction means 314 and 315. 

Therefore, by using the delay means 313, the output 
signal from the noise detection means 311 is delayed, and the 
time point (position) at which the pulsive noise in the output 

20 signal of the stereo demodulation means 305 in which the delay 
is generated, is generated, is timed with the noise detection 
signal outputted from the noise detection means 311. 

As described above, the noise is detected from the FM 
stereo demodulated signal, and because a signal portion in 

25 which the pulsive noise of the FM stereo demodulated signal 
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is mixed (generated) is corrected independently in the left 
and right, (viewed from respective channels), the amplitude 
of the signal of the other channel does not influence on the 
correction result, and the suppression effect of the noise is 
5 increased. 

That is, because, in the correction of the signal of one 
channel, the influence of the other channel is not caused, and 
further, the noise is detected for the demodulation signal, 
the noise detection can be conducted under the condition that 

10 the noise component is not lost. 

- Fig . 14 shows the noise detection means 311 by the digital 
processing. The component of the high frequency is extracted 
by the HPF 318 from the output of the A/D converter 316. When 
the pulsive noise is generated, the output level of the HPF 

15 318 is increased. Next, the absolute value of the output 
signal of the HPF 318 is calculated in the absolute value 
circuit 319. 

Next, the thinning means 320 will be described. The 
output of the absolute value circuit 319 when the sampling 

20 frequency of the A/D converter 316 is fs = 304 kHz, is shown 
in Fig. 15. In Fig. 15, © shows the sample value of the Lch, 
o shows the sample value of the Rch, and • shows the other sample 
value. In Fig. 15A, the maximum values stl, st2, and st3 of 
the tl, t2, and t3 periods are outputted as the noise levels 

25 of LI, Rl and L2 . 
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Next, when the output of the thinning means 320 is not 
smaller than the threshold value inputted by the comparison 
means 321, it is judged that the noise is generated in the Lch 
or Rch signal in the period at the time. In this case, because 
st2 is not smaller than the threshold value, it is judged that 
the noise is generated in Rl . 

Further, the pulse width of the pulsive noise included 
in the output signal of the A/D converter 316 spreads due to 
the filter processing by, for example, the 'FIR filter "in the 
thinning means 317, and the stereo demodulator 305. 
Accordingly, even-when the noise is slightly generated in L2, 
there is a case in which it becomes as if the noise is generated 
in the signal after the stereo demodulation. 

In this case, the thinning means 320 makes the period 
to detect the noise of LI, Rl, and L2 overlap with each other 
as tl', t2' and t3' shown in Fig. 15B, and outputs the maximum 
values of the respective periods of stl', st2', and st3' as 
the noise levels of LI, Rl and L2 . 

Next, because points, at which the outputs of the 
thinning means 320 are not smaller than the threshold value, 
are st2' and st3' , the comparison means 321 judges that the 
pulsive noise is generated at Rl and L2 . 

As described above, the period in which the sample noise 
such as L2 is detected, is overlapped, and can be detected as 
the noise exists therein, wherein the large noise exists in 



the near sample of L2, and after the stereo demodulation, the 
influence of the noise is exerted on L2 . 

According to this, because the noise detection means is 
structured in such a manner that, for each predetermined period 
which alternates among a plurality of channels, a portion of 
the period is made to overlap each other, and the noise is 
detected, thereby, the noise detection means can more exactly 
detect the noise . 

• In Fig. 15B, the detection of the noise by which 1 sample 
is made to overlap the other, and the influence is exerted on 
the subsequent signal, is described, however, the overlap of 
the sample may be carried out on a plurality of points, and 
it may be determined by considering the pass -band 
characteristic of the filter processing by, for example, the 
FIR filter (specifically, the LPF included in these 
structures) in the thinning means 317, or the stereo 
demodulator 305, or the amplitude level. 

Further, in the case where the density of the pulsive 
noise is large, when all of pulsive noises are corrected, there 
is a tendency that the original sound collapses and becomes 
the sound which is artificial and offensive to the ear. 

In such the case, there is a case in which the audio 
reproduction which is slightly offensive to the ear can be 
carried out, when the large pulsive noise is corrected, and 
the small pulsive noise is not corrected. Accordingly, in 



order to correspond to such the case, the detection sensitivity 
of the pulsive noise may be controlled so that the pulse width 
of the detected pulsive noise is not larger than a predetermined 
value (predetermined width) . 

The structure by which the density of the pulsive noise 
to be detected (herein, sometimes simply called pulse density) 
can be controlled, is shown in Fig. 16 (incidentally, in the 
structure shown in Fig, 16, the output of the thinning means 
320 of the noise detection means 311 shown in Fig. 14 is changed 
to the input. The noise detection means 311 is structured by 
including the structure shown in Fig. 14 and the structure shown 
in Fig. 16. ) 

In the structure shown in Fig. 16, by supplying the output 
of the comparison means 321 shown in Fig. 14 to the LPF 323, 
the output is smoothed, and supplied to the adder 324. 

Herein, the output signal of the LPF 323 corresponds to 
the level of the continuously generating noise such as the 
background noise (due to the noises of the devices or the 
thermal noise) . 

The adder 324 adds the output signal of the LPF 323 and 
the output of the pulse density detection means 325, and when 
the output of thinning means 320 is larger than the output 
signal of the adder 324, the comparison means 321 judges that 
the pulsive noise exists. 

The output signal of the comparison means 321 is inputted 



into the pulse density detection means 325, and when the pulse 
density of the inputting signal is higher than a predetermined 
value, the output signal is made larger and inputted into the 
adder 324 . Thereby, the output signal of the adder 324 becomes 
large. That is, by the pulse density detection means 325, the 
feedback loop is structured between the output of the 
comparison means 321 and the adder 324. 

Fig. 17 is a view showing an example of the operation 
by the structure shown in Fig. 16. The output of the adder 

324 when the pulse density is small is shown by the waveform 
b. Further, the output of the adder 324 when the pulse density 
is increased and the output of the pulse density detection means 

325 is inputted into the adder 324, is shown by the waveform 
a (incidentally, in the drawing, the waveforms a and b are 
linearly shown for the simplification, but, generally these 
are waveforms) . 

An example of the output from the thinning means 320 is 
shown by the waveform c. When the pulse density is low, the 
waveform b is inputted into the comparison means 321 as the 
threshold value 321. In the case shown in the drawing, the 
comparison means 321 outputs the H level as the pulsive noise 
is generated in a portion of the waveform c whose value is larger 
than the waveform b inputted as the threshold value. 
Accordingly, in the example shown in the drawing, it is shown 
that the pulsive noises of 2 portions are detected as shown 



in the waveform d. 

On the other hand, when the pulse density is high, the 
waveform a is inputted into the comparison means 321 as the 
threshold value. In the case as shown in the drawing, the 
comparison means 321 outputs the H level as the pulsive noise 
is generated in a portion of the waveform c whose value is larger 
than the waveform a inputted as the threshold value. 
Accordingly, in the example shown in the drawing, the small 
pulsive noise as shown in the waveform e is not detected. 

Next, the structural drawing of the pulse density 
detection means 325 is shown in Fig. 18. The peak value of 
the output signal of the comparison means 321 shown in Fig. 
16 is constant, and inputted into the LPF 326, and the DC 
component DO is taken out. The DC component DO in this case 
is proportional to the pulse density. 

The calculation means 327 conducts the following 
processing, in which the desired value of the pulsive noise 
to be detected is Dl, and the output signal is the feedback 
amount Nc (A is a feedback gain, and is a fixed value herein) . 
Nc - Nc + A- (DO - Dl) 

As the result, when Nc < 0, Nc = 0 is set. According to 
this processing, when the pulse density is larger than the 
desired value, the feedback amount Nc is increased. According 
to the above processing, the density of the pulsive noise to 
be detected is adjusted. 



When the system is structured in such a manner that the 
detection sensitivity of the noise detection means is 
controlled according to the density of the pulsive noise 
(noise) as the generation condition of the noise, the lowering 
of the audio quality due to the excessive signal correction 
can be prevented. 

Incidentally, the above embodiment can be realized by 
using the DSP (Digital Signal Processor) using the digital 
signal processing technology, which needs no description here, 
and by using such the technology, the adaptability of the noise 
reduction processing which is adaptive to the reduction of the 
circuit structure and the nature of the noise, can be increased. 
As described above, according to the eighth aspect of 
the present invention, the noise reduction apparatus is 
provided with: a noise detection means for detecting the noise 
included in a demodulation signal having the information 
corresponding to audio signals of a plurality of channels from 
the demodulation signals; an audio signal demodulation means 
for demodulating and outputting the audio signals 
corresponding to each of the plurality of channels from the 
information corresponding to the audio signals of the 
demodulation signals; and a correction means which can correct 
independently for each audio signal outputted from the audio 
signal demodulation means according to the output of the noise 
detection means, thereby, the influence of the other channel 



is not exerted in the correction of the signal of one channel, 
and further, because the detection of the noise is carried out 
in the demodulation signal, the noise detection can be carried 
out under the condition that the noise component is not lost* 
5 Further, because the noise detection means is structured 

such that the noise detection is conducted in such a manner 
that, for each predetermined period which alternates among a 
plurality of channels, a portion of the period respectively 
overlaps with each other, thereby, the noise reduction 

10 apparatus by which the more exact noise detection can be 
conducted, can be realized. 

Further, because the noise reduction apparatus is 
structured such that, according to the output of the noise 
detection means, a generation condition of the noise is 

15 detected, and corresponding to the detected result, the 
detection sensitivity of the noise detection means is 
controlled, thereby, the noise reduction apparatus by which 
the lowering of the audio quality due to the excessive signal 
correction can be prevented, can be realized. 

20 Further, because the audio output apparatus is 

structured by including any one of the above noise reduction 
apparatus, thereby, even when the noise is included, an audio 
output apparatus by which the audio quality is not lowered, 
can be obtained. 

25 
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WHAT IS CLAIMED 15; 

1. A noise removal apparatus comprising: 

a noise detection means for detecting a noise included 
in a demodulated audio signal; 
5 a first correction means for outputting a correction 

signal for correcting the noise according to a signal value 
existing just before and just after a predetermined period 
including a generation time point of the noise in the 
demodulated audio signal which is detected by said noise 
10 detection means; 

a second correction means for outputting the correction 
signal for correcting the noise according to a plurality of 
signal values respectively existing before and after the 
predetermined period including the generation time point of the 
15 noise in the demodulated audio signal which is detected by said 
noise detection means; 

a high band level detection means for detecting the level 
of a high band component of the audio signal; and 

a selection means for selecting either one of said first 
20 or said second correction means according to the output of said 
high band level detection means. 
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2. The noise removal apparatus according to Claim 1/ wherein 
said first correction means outputs a low pass filter 

output of a signal value obtained from a linear interpolation 
of 2 signal values existing just before and just after a 
5 predetermined period including a generation time point of the 
noise, as a correction signal, 

3. The noise removal apparatus according to Claim 1, wherein 
said second correction means outputs a low pass filter 

10 output of the signal value obtained from the linear 
interpolation of 2 average signal values obtained by averaging 
a plurality of signal values existing before and after a 
predetermined period including the generation time point of the 
noise, corresponding to each of before and after the generation 

15 of the noise, as a correction signal. 

4 . The noise removal apparatus according to Claim 1, further 
comprising : 

a level detection means for detecting the whole band 
20 level in the demodulated audio signal, wherein 

said selection means is operated according to a 
relationship between a ratio of the level output of said high 
band level detection means to the level output of said level 
detection means, and a predetermined value. 

25 
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5. The noise removal apparatus according to Claim 1, wherein 
the detection sensitivity of said noise detection means 

is changeable corresponding to the output level of said high 
band level detection means. 

5 

6. The noise removal apparatus according to Claim 1, wherein 
said selection means is operated according to the level 

of an addition signal and the level of a subtraction signal 
between the right channel signal and the left channel signal 
10 constituting the audio signal. 

7. An audio output apparatus comprising said noise removal 
apparatus according to Claim 1 . 

15 8. A noise removal apparatus comprising: 

a noise detection means for detecting the noise included 
in a demodulation signal having the information corresponding 
to audio signals of a plurality of channels from the 
demodulation signals; 

20 an audio signal demodulation means for demodulating and 

outputting the audio signals corresponding to each of the 
plurality of channels from the information corresponding to the 
audio signals included in the demodulation signals; and 

a correction means which can correct independently for 

25 each audio signal outputted from said audio signal demodulation 
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means according to the output of said noise detection means. 

9. The noise removal apparatus according to Claim 8, wherein 
said noise detection means conducts the noise detection 

5 such that, for each predetermined period which alternates among 
a plurality of channels, a portion of the period respectively 
overlaps with each other. 

10. The noise removal apparatus according to Claim 8, wherein 
10 according to the output of said noise detection means, 

a generation condition of the noise is detected, and 
corresponding to the detected result, the detection sensitivity 
of said noise detection means is controlled. 

15 11. An audio output apparatus including said noise removal 
apparatus according to Claim 8. 
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ABSTRACT OF THE DISCLOSURE 
The FM broadcast is received and the EM demodulated FM 
composite signal is stereo demodulated, and when the high band 
components of the demodulated signal are few, the correction 
5 is conducted by using the signals just before and just after 
the noise generation period, and when the high band components 
are large, the interpolation is conducted by using a central 
value calculated from the value of a predetermined period before 
the noise generation period, and a central value calculated from 
10 the value of a predetermined period after the noise generation 
period. 
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FIG. 2A 
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FIG. 3A 
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FIG. 5 A 



WAVEFORM BEFORE CORRECTION 
NOISE GENERATION PERIOD 




FIG. 5B 
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FIG. 10A 

WHEN LOW FREQUENCY IS CORRECTED TO THE CORRECTION PERIOD 
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FIG. 19A 
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